Stepped frequency chirp signals are widely used in synthetic aperture radar (SAR) systems to obtain high range resolution images. In practice, however, unavoidable sub-band errors caused by system and propagation errors degrade the performance of the synthetic signals. In this paper, a novel method is proposed to estimate the sub-band errors based on the overlapped spectra between adjacent sub-band signals, while most of the other methods are relied on some additional information. Besides, a filter for eliminating the ripples caused by the overlapped spectra is presented. Finally, the simulation and ground-based real data validate the method.
I. INTRODUCTION
High range resolution SAR imagery is usually obtained by transmitting and receiving a wide bandwidth chirp waveform. With the increase of the signal bandwidth, the resolution increases accordingly. As an example, to achieve a 0.1-m resolution, a 1.5-GHz bandwidth is required. It is a technically difficult problem for the system to generate so wide a signal, also bringing hard challenge for the signal acquisition and storage. One method for solving this problem is the use of stepped frequency waveforms [1] - [4] . The sensor transmits and receives several sub-chirps with a smaller bandwidth at stepped carrier frequency sequentially. To synthesize the full wide bandwidth profile several methods exist in the literatures [5] - [9] . The sub-chirps are identical except for their different center frequencies. However, the inevitable sub-band errors will degrade the performance of the synthetic signals [6] , [10] . In [6] a correction filter, named compression filter, is proposed, which is achieved by measuring a real physical targets (e.g. a corner reflector) in the illuminated region. This method, however, may by infeasible for the absence of a strong point target in the imaging area. An internal calibration method is proposed in [10] , which obtains the sub-chirp errors by comparing the imaging results
The associate editor coordinating the review of this manuscript and approving it for publication was Pia Addabbo . of the internal calibration data. This method, however, can only calibrate the internal system errors such as that caused by the deficiency of oscillator and amplifier and so on. The external errors such as propagation delay cannot be calibrated. Besides, the internal calibration method will also be infeasible with the absence of the internal calibration data. In [11] , it points out that there is a possibility to design the optimal compression filter by obtaining the difference phase from the interferogram of the sub-band signals, however, neither the implementation procedures, nor the confirmation is presented. A error calibration strategy is proposed in [12] , where three calibration loops are utilized to compensate the channel imbalance first, and then the residual errors are calibrated by solving the optimization problems. Since the search operation is inevitable, the computational load is relatively heavy.
Considering the characteristic of the receiving filter in practice, there is a certain overlap of signal spectra between adjacent sub-chirps, usually 5% ∼ 10%. For example, the overlap for the German SAR system PAMIR is 6.5% [13] . Direct coherent addition of all the sub-band signals will suffer from ripples in the signal spectra, and thus yields grating lobes in the focused images [6] . These grating lobes can be suppressed below a desired threshold level in the case of appropriately chosen stepped frequency waveforms [14] . In [15] , a synthetic range profiling algorithm is developed to VOLUME 7, 2019 This work is licensed under a Creative Commons Attribution 4.0 License. For more information, see http://creativecommons.org/licenses/by/4.0/ generate high resolution range profiles without ghost images by using the least-squares estimation. All of the methods have a certain requirement for the system. In this paper, an error estimation method for stepped frequency signal based on the overlapped spectra between adjacent sub-signals is proposed, which does not require an increase of the hardware and computation load. Besides, a filter for eliminating the ripples caused by the overlapped spectra is also presented. Finally, the simulated and real data are performed to validate the proposed method. 
II. SIGNAL MODEL
Consider a SAR system whose geometry is shown in Fig.1 , where X-axis points ''ahead'' in the direction of the platform velocity vector, Z-axis points up, away from the Earth's center, and Y-axis points to the right, completing the orthogonal, right-handed frame. Supposed that the antenna phase center of the sensor is (0, 0, 0) at time t = 0 and (v s t, 0, 0) at time t, where v s is the platform velocity, and t denotes the azimuth time.
The sensor transmits and receives sub-chirps in sequence as shown in Fig.2 , wherein k = 1, 2, · · · , K , and K is the number of the sub-chirps (herein K = 4 ).
Let us assume the bandwidth of each sub-chirp is B rn , the pulse duration time is T pn , the chirp rate is γ , and the kth transmitted sub-chirp is
where τ represents the range time, rect(τ ) = 1, |τ | ≤ 1/2 0, |τ | ≥ 1/2 ,
2 f step is the center frequency of the kth sub-chirp, f c is the center frequency of the full bandwidth signal, and f step is the frequency step-size between successive pulses satisfying f step ≤ B rn . Supposed that at time t sub-chirp 1 is transmitted, and sub-chirp k is transmitted after k − 1 pulse, i.e. at time t k = t + (k − 1)/f p , where f p denotes the pulse repetition frequency (PRF). The demodulated echo of sub-chirp k can be expressed as
where σ (x, y, z) represents the complex reflectivity of the scattering cell with coordinates of (x, y, z) on the ground, c is the propagation velocity, g(t) the antenna pattern, r k (t k ) the slant range from the sensor to the ground cell with position (x, y, z), and
Because of the time delay in azimuth of different sub-band signals, they cannot be combined directly without certain adjustment. Observing (3), one can tell that it is only needed to align the received sub-band signals in azimuth according to the reference sub-band signal (e.g. sub-band 1), which can be realized by multiplying a linear phase term in Doppler domain [5] . With the alignment in azimuth, all the sub-band signals can be regarded as being received simultaneously, and then the stepped frequency synthesis can be carried out [5] - [7] .
In practice, the sub-band errors are inevitable, which will degrade the performance of the synthesized image greatly. The main sub-band error source is the radar system error. The whole transceiver links, such as signal source, transmitter, antenna, signal transmission medium, receiver and the signal processor can all bring system error [16] . From the viewpoint of synthesizing sub-bands, only the relative biases have serious influence. According to their influence on synthetic signals, the sub-band errors are mainly divided into delay error, phase error, and amplitude error [10] , [16] . Considering the sub-band errors and ignoring the constant terms, the kth sub-band received echo can be written as
where τ k , φ k and A k represent the delay error, phase error and amplitude error of the kth sub-chirp relative to the reference sub-chirp (e.g. the first sub-chirp), respectively, and n(τ, t) is the white additive channel noise.
III. PROPOSED METHOD
In practice, there are certain overlapped spectra between adjacent sub-band signals, which will results in ripples by directly synthesizing them. In ideal situation, the phase of the overlapped spectra is identical. The deficiencies of hardware, however, will contaminate it. The method proposed in this paper is just based on the overlapped spectra. Beside, a method for suppressing the ripples caused by the overlapped spectra is presented as well.
The echo-based error estimation and ripple elimination method for the synthetic bandwidth processing procedure is as follows.
1) Upsampling the sub-band signals. The sub-band signals are naturally sampled at a lower rate than the corresponding wide-bandwidth signal [5] . They have to be up-sampled therefore before constructing the wide-bandwidth signal to satisfy Nyquist sampling.
2) Performing range FFT on (4), and ignoring the constant terms, one obtains [10] , [17] , [18] 
where f τ represents the range frequency.
3) Applying the range matched filtering to (5) yields
Then the spectra of each sub-band signal are shown by Fig. 3 , where two sub-band signal are taken as an example. The spectra between the two dashed green lines are the overlapped spectra. 
5)
Extracting the overlapped spectra between adjacent sub-band signals, and dividing them yeilds
The term rect(f τ ) is omitted in the equation above since only the overlapped spectra are processed. It should be noted that the results obtained by (8) varies with range frequency rather than a single numerical value. 6) Obtain amplitude biasÂ k+1,k between sub-band k + 1 and k by averaging the amplitude of (8),
Reformatting the phase of (8) and ignoring the noise, one obtains
It can be seen that the phase is varied with the range frequency f τ . Fitting the phase by first-order polynomial yields the constant term p 0 and the first-order coefficient p 1 , (10) can be rewritten asψ VOLUME 7, 2019 and then the delay bias τ k+1,k between sub-band k + 1 and k can be obtained by
In practice, it is not necessary to obtain φ k+1 − φ k since what we care about is the phase bias caused by the constant phase error and delay error, i.e.
All the amplitude, phase and delay biases between adjacent sub-band signals can be obtained by repeating the process above. Taking the first sub-chirp as the reference, the estimated amplitude, phase and delay errors of the kth sub-chirp are
In order to improve the estimation accuracy, the estimates can be averaged from several azimuth pulses. 7) Compensating all sub-band errors according to the estimated errors.
8) The ripples caused by the overlapped spectra can be eliminated by adding suitable filters to the sub-band signals. The filter for the kth sub-band echo is
where H k,c and H k,s are defined on the top of the next page, f k = k − K +1 2 f step is the center frequency of the sub-band signal after frequency shift, and f over = B rn − f step is the overlapped bandwidth between adjacent sub-band signals. Fig.4 shows the sketch of the filters, where four sub-bands is taken as an example. From the definition of the filters, it can be seen that for the overlapping frequency, the filters keep the gain of the output after coherent addition remain 0dB, and the other frequency stays unchanged, which means that the filters just smooth the overlapped spectra without affecting other spectra, and therefore has no effect on the other system performance. 9) Finally, coherently add all the sub-band signals to obtain the full-bandwidth signal followed by the traditional SAR imaging process results in high resolution SAR images [17] . Fig.5 gives the sub-band synthetic procedure combined with error calibration and ripple mitigation.
Since the error estimation method is based on the overlapped spectra between adjacent sub-bands, it is intuitively expected that the estimation accuracy is dependent on the amount of the overlapping sub-bands, which is confirmed by the experiments in section IV. It shows that the sub-bands overlap more, the more accuracy of the estimation.
IV. EXPERIMENT
In this section, the simulation and ground-based real data are utilized to confirm the validity of the proposed method. 
A. SIMULATION DATA
The simulation parameters are list in Table 1 , where R c represents the slant range of the scene center, and the remaining symbols have the same meaning as stated before. The overlapped bandwidth is 8 MHz.
The signal spectra before and after filtering are presented in Fig. 7(a) , where the solid blue line indicates the result before filtering, and the dashed red one the result after filtering. It can be seen that the ripples at the three sub-spectra boundaries are clearly visible before filtering. After applying the proposed filters shown in Fig. 6 , the signal spectra closely approximates the desired rectangular function. Fig. 7(b) shows the range profiles of a simulated point target, where solid blue line indicates the compressed pulse resulting from one sub-band, the dash-dotted green one indicates the compressed pulse resulting from direct combination of the sub-chirp without adding filters, and the dashed one shows the compressed pulse by applying the filters indicated by (17) . From the figures one can get that direct combination of the sub-chirp suffers from the grating lobes, while the proposed filter can eliminate them very well and yields the well-focused images. For the synthesized image with and without adding filters, their range resolution are 0.4557 m and 0.4688 m, respectively, and there is about a 0.3 dB signal power loss for the former compared with the latter. That is to say, the proposed filter can eliminate the grating lobes effectively without impacting the other system performance only at the cost of a little signal power loss.
In order to confirm the validity of the error estimation method proposed in the paper, the sub-chirps with phase error [0, −10, 50, 30] degree, delay error [0, 5, −4, 2] ns, and amplitude error [0, 0.4, −0.2, 0.6] dB are processed, and the results are shown by Fig. 8 , where the blue solid line represent the synthetic result without errors, the red dashed line shows the result using the calibration method proposed in this paper, and the green dotted-dashed line shows the synthetic result without error compensation. The ripple-eliminated filters are applied to all of the results. From Fig. 8 , it can be seen that the proposed method is well suitable for the sub-chirp error estimation.
As stated before, the error estimate accuracy is dependent on the amount of overlapping sub-bands as shown by Fig. 9,   FIGURE 7 . The signal spectra and focused image before and after filtering. (a) the signal spectra before (solid blue) and after (dashed red) filtering. (b) the range profiles of one sub-chirp (solid blue), synthetic signal without adding filters (dash-dotted green), and synthetic signal with adding filters (dashed red).
where the overlapping ratio is defined as the ratio of overlapped bandwidth to the bandwidth of each sub-chirp, i.e. f over /B rn , the vertical axis presents the averaged root-meansquare error (ARMSE) of the sub-band errors estimates. In this experiment, the signal to noise ratio is 10 dB, and 100 azimuth pulses are utilized to mitigate the effect of noise and improve the estimation accuracy. It can be seen that the more the sub-bands overlap, the more accuracy of the estimates. When the overlapping ratio approaches to 100% i.e. the sub-bands overlap completely, the estimate bias can almost be ignored. However, the more the sub-band overlaps, the less the usable bandwidth, and results in the worse range resolution. That is to say the range resolution and the estimate accuracy are contradiction, which should be carefully considered during the system design. 
B. GROUND-BASED REAL DATA
The parameters of the ground-based system are given in Table 2 , where the symbols have the same meaning as stated before. Here, the calibration signals are used as an example. Table 3 gives the error estimated results of the second sub-chirp relative to the first one by utilizing the internal calibration method proposed in [10] , the optimization algorithm proposed in [12] , and the presented method. The internal calibration method in [10] is based on the calibration data, and will fail without it. The optimization algorithm in [12] requires multiple iteration, therefore the computation load is heavy. Our method is independent on any additional information, and it only requires the overlapped spectra between adjacent sub-band signals which can be satisfied by most systems. Besides, the implementation of the method is easy. The estimate results show that the performance of the three methods is approximately the same, i.e. the presented method still works well without calibration data, which is also our method's main advantage. Fig. 10 shows the range profile of the synthetic calibration signal. Because of the sub-band errors, the level of the synthetic signal sidelobes is substandard, as shown by the dashed red line. After compensating the sub-band errors, the range impulse response is improved as shown by the solid blue line. It should be noticed that since the presented method is based on the overlapped spectra between adjacent sub-band signals, only the adjacent relative biases can be obtained directly, and all the sub-band errors are obtained by accumulating them according to (14) (15) . That is to say, the processing for sub-bands more than two is the same, and it will not affect the performance of the method.
V. CONCLUSION
Synthesizing the sub-bands to obtain high range resolution can mitigate the pressure for transmitting high bandwidth signal directly. The sub-band errors however will deteriorate the performance of synthesizing. A method based on the overlapped spectra between adjacent sub-band signals is proposed in this paper to estimate the sub-band errors. One of the greatest advantages of the proposed method is that it has no requirement for any additional information, such as a strong point target or calibration data, while most of the other available methods do. Besides, the filters for eliminating the ripples caused by the overlapped spectra are also presented. Finally, simulated and real data experiments validate the methods. 
